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(57) ABSTRACT 
A communication system includes a destination that receives 
voice samples and a voice parameter generated by a source. 
The destination uses the voice samples and voice parameter 
to reconstruct voice information in response to a packet loss. 
The destination may reconstruct voice information from 
multiple sources. 
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METHOD AND APPARATUS FOR 
RECONSTRUCTING VOICE INFORMATION 

CROSS-REFERENCE TO RELATED 
APPLICATION 

[0001] This application is a divisional application of US. 
application Ser. No. 09/918,150 ?led Jul. 30, 2001 and 
entitled “Method and Apparatus for Reconstructing Voice 
Information”. 

TECHNICAL FIELD OF THE INVENTION 

[0002] The present invention relates generally to commu 
nications and more particularly to a method and apparatus 
for reconstructing voice information. 

BACKGROUND OF THE INVENTION 

[0003] Traditional circuit-sWitched communication net 
Works have provided a variety of voice services to end users 
for many years. A recent trend delivers these voice services 
using netWorks that communicate voice information in pack 
ets. Packet netWorks communicate voice information 
betWeen tWo or more endpoints in a communication session 

using a variety of routers, hubs, sWitches, or other packet 
based equipment. 

[0004] Sometimes these packet netWorks become con 
gested or certain components fail, resulting in a loss of 
packets delivered to the destination. If the lost packets 
include voice samples, the user at the destination may detect 
a degradation in audio quality. Some attempts have been 
made to conceal packet loss at destination devices partici 
pating in a voice session, but these existing approaches 
require extensive processing performed at the destination. 

SUMMARY OF THE INVENTION 

[0005] In accordance With the present invention, tech 
niques for reconstructing voice information communicated 
from a source to a destination are provided. In a particular 

embodiment, the present invention reconstructs voice infor 
mation resulting from packet loss using a voice parameter 
communicated from a source. 

[0006] In a particular embodiment of the present inven 
tion, an apparatus for reconstructing voice information com 
municated from a source includes an interface that receives 
?rst voice samples communicated from the source. The 
interface receives a voice parameter communicated from the 
source, the voice parameter characterizing the ?rst voice 
samples. A processor determines a loss of a packet commu 
nicated from the source and generates second voice samples 
using the ?rst samples and the voice parameter. 

[0007] Embodiments of the present invention provide 
various technical advantages. Existing packet loss conceal 
ment techniques generate a voice parameter at the destina 
tion based on received voice samples. This processor-inten 
sive activity becomes even more problematic When the 
destination receives packets from multiple sources. In one 
embodiment of the present invention, a source generates a 
voice parameter that characteriZes voice information com 
municated from the source. The destination reconstructs 
voice information using this accurate and remotely-com 
puted voice parameter. This reduces the processing require 
ments at the destination, provides a scalable packet loss 
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concealment technique When the destination receives pack 
ets for multiple sources, and alloWs for accurate voice 
parameter calculations to be performed at the source. 

[0008] Other technical advantages of the present invention 
Will be readily apparent to one skilled in the art from the 
folloWing ?gures, description, and claims. Moreover, While 
speci?c advantages have been enumerated above, various 
embodiments may include all, some, or none of the enu 
merated advantages. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0009] For a more complete understanding of the present 
invention and its advantages, reference is noW made to the 
folloWing description, taken in conjunction With the accom 
panying draWings, in Which: 

[0010] FIG. 1 illustrates a system that includes a destina 
tion that reconstructs voice information in accordance With 
the present invention; 

[0011] FIG. 2 is a block diagram illustrating exemplary 
components of the destination; 

[0012] FIG. 3 includes Waveforms that illustrate an exem 
plary packet loss concealment technique; 

[0013] FIG. 4 is a How chart illustrating a method per 
formed at a source to generate and communicate voice 
samples and a voice parameter; and 

[0014] FIG. 5 is a How chart illustrating a method per 
formed at the destination for reconstructing voice samples. 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0015] FIG. 1 illustrates a communication system, indi 
cated generally at 10, that includes a number of sources 12a, 
12b, and 120 (generally referred to as sources 12) coupled to 
a destination 14 using a netWork 16. In general, sources 12 
and destination 14 are endpoint or intermediate devices that 
engage in sessions to exchange voice, video, data, and other 
information (generally referred to as media). These sessions 
may be point-to-point involving one source 12 and one 
destination 14 or conferences among multiple sources 12 
and destination 14. Whether exchanging information With 
one or more sources 12, destination 14 may reconstruct 

voice samples based on voice parameters calculated and 
communicated from sources 12. 

[0016] Sources 12 and destination 14 (generally referred 
to as devices) include any suitable collection of hardWare 
and/or softWare that provides communication services to a 
user. For example, devices may be a telephone, a computer 
running telephony softWare, a video monitor, a camera, or 
any other communication or processing hardWare and/or 
softWare that supports the communication of media packets 
using netWork 16. Devices may also include unattended or 
automated systems, gateWays, or other intermediate com 
ponents that can establish media sessions. System 10 con 
templates any number and arrangement of devices for com 
municating media. For example, the described technologies 
and techniques for establishing a communication session 
betWeen tWo devices may be adapted to establish a confer 
ence betWeen more than tWo devices. 

[0017] Each device in system 10, depending on its con 
?guration, processing capabilities, and other factors, sup 
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ports certain communication protocols. For example, 
devices may include codecs, processors, network interfaces, 
and other software and/or hardware that support the com 
pression, decompression, communication and/or processing 
of media packets using network 16. Devices may support a 
variety of audio compression standards such as G711, 
G723, G729, linear wide-band, or other audio standard 
and/or protocol (generally referred to as an audio format). 

[0018] Each source 12 includes a user interface 20 coupled 
to a microphone 22 and a speaker 24. User interface 20 
couples to a processor 26, which in turn couples to a network 
interface 28 that communicates media packets with network 
16. Although source 12 may communicate any form of 
media in system 10, the following description will discuss 
the exemplary exchange of voice information in the form of 
packets. 

[0019] Source 12 operates to both send and receive voice 
information. To send voice information, microphone 22 
converts speech from a user of source 12 into an analog 
and/or digital signal communicated to user interface 20. 
Processor 26 then performs sampling, digitiZing, conver 
sion, packetiZing, encoding, or any other appropriate pro 
cessing of the signal to generate packets for communication 
to network 16 using network interface 28. In a particular 
embodiment, each packet contains multiple voice samples 
encoded and/or represented by a suitable audio format. To 
receive voice information, network interface 28 receives 
packets, and processor 26 performs decoding, demodulation, 
voice sample extraction, sampling, conversion, ?ltering, or 
any other appropriate processing on packets to generate a 
signal for communication to user interface 20 and speaker 
24 for presentation to the user. Each source 12 communi 
cates and receives a series of packets containing voice 
information using network 16. Any collection and/or 
sequence of packets may be referred to as a packet stream, 
whether communicated in real-time, near real-time, or asyn 
chronously. This discussion will focus on packet streams 
communicated from sources 12 to destination 14 to illustrate 
the reconstruction of voice information at destination 14. 
However, system 10 contemplates bi-directional operation 
where sources 12 may also perform reconstruction on 
streams received from other devices in system 10. 

[0020] Network 16 may be a local area network (LAN), 
wide area network (WAN), global distributed network such 
as the Internet, intranet, extranet, or any other form of 
wireless and/ or wireline communication network. Generally, 
network 16 provides for the communication of packets, 
cells, frames, or other portion of information (generally 
referred to as packets) between sources 12 and destination 
14. Network 16 may include any combination of routers, 
hubs, switches, and other hardware and/or software imple 
menting any number of communication protocols that allow 
for the exchange of packets in system 10. In a particular 
embodiment, network 16 employs communication protocols 
that allow for the addressing or identi?cation of sources 12 
and destination 14 coupled to network 16. For example, 
using Internet protocol (IP), each of the components coupled 
by network 16 in communication system 10 may be iden 
ti?ed in information directed using IP addresses. In this 
manner, network 16 may support any form and combination 
of point-to-point, multicast, unicast, or other techniques for 
exchanging media packets among components in system 10. 
Due to congestion, component failure, or other circum 
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stance, source 12, destination 14, and/or network 16 may 
experience performance degradation while communicating 
packets in system 10. One potential result of performance 
degradation is packet loss, which may degrade the voice 
quality experienced by a user at destination 14. 

[0021] In overall operation of system 10, sources 12 
communicate packet streams to destination 14 using net 
work 16. Speci?cally, source 1211 converts speech received 
at microphone 22 into packet streamA for communication to 
network 16 using network interface 28. Similarly, source 
12b communicates packet streams B and source 120 com 
municates packet stream C. Each packet stream communi 
cated by sources 12 includes multiple packets, and each 
packet includes one or more voice samples in a suitable 
audio format that represents the speech signal converted by 
microphone 22. Although shown as a continuous sequence 
of packets, sources 12 contemplate communicating packets 
in any form or sequence to direct voice information to 
destination 14. 

[0022] Sources 12 also generate and communicate at least 
one voice parameter (P) that characterizes voice samples 
contained in packets. For example, voice parameter P may 
comprise a pitch period, amplitude measure, frequency 
measure, or other parameter that characterizes voice samples 
contained in packets. In a particular embodiment, voice 
parameter P may include a pitch period that re?ects an 
autocorrelation calculation performed at source 12 to deter 
mine a pitch of speech received at microphone 22. Source 
1211 generates voice parameters PA, and similarly sources 
12b and 120 generate voice parameters PB and PC, respec 
tively. 

[0023] Sources 12 communicate voice parameters P in 
packets that contain voice samples or in separate packets, 
such as control packets. For example, source 12 may estab 
lish a control channel, such as a real-time control protocol 
(RTCP) channel, to convey voice parameter P from source 
12 to destination 14. Although shown as including a voice 
parameter P for each packet communicated from source 12, 
system 10 contemplates voice parameters P sent for each 
voice sample, packet, every other packet, or in any other 
frequency that is suitable to allow destination 14 to use the 
voice parameter P to reconstruct voice information due to 
packet loss. 

[0024] As discussed above, source 12, destination 14, 
and/or network 16 may experience performance degradation 
resulting in loss of one or more packets communicated from 
source 12 to destination 14. As illustrated, packet stream A' 
received at destination 14 from source 1211 is missing the 
fourth packet and associated parameter P A, as illustrated at 
position 50. Similarly, packet stream B' received from 
source 12b is missing a packet as indicated at position 52, 
but still contains voice parameter PB 54 associated with the 
lost packet. This is possible since source 12b may have 
communicated voice parameter PB 54 in a packet and/or 
dedicated control channel separate from lost packet 52 
containing voice samples. Similarly, packet stream C' 
received from source 120 includes a corresponding lost 
packet and voice parameter at position 56. Although shown 
illustratively as one lost packet in a series of ?ve packets, the 
degradation may be more severe where several packets in 
sequence do not arrive at destination 14 due to performance 
degradation of network 16. Destination 14 may then use 
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voice parameters P to reconstruct voice information repre 
sented by lost packets. Destination 14 communicates the 
reconstructed voice information, containing successfully 
received voice samples and generated voice samples, to 
speaker 112 for presentation to a user. 

[0025] FIG. 2 illustrates in more detail destination 14, 
Which includes a processor 100, memory 102, and converter 
104. Destination 14 also includes a netWork interface 106 
that receives packets containing voice samples and voice 
parameters from netWork 16. User interface 108 couples to 
a microphone 110 and speaker 112. Processor 100 may be a 
microprocessor, controller, digital signal processor (DSP), 
or any other suitable computing device or resource. Memory 
102 may be any form of volatile or nonvolatile memory, 
including but not limited to magnetic media, optical media, 
random access memory (RAM), read-only memory (ROM), 
removable media, or any other suitable local or remote 
memory component. Converter 104 may be integral to or 
separate from processor 100 and may be a microprocessor, 
controller, DSP, or any other suitable computing device or 
resource that processes, transforms, or otherWise converts 
voice samples into a speech signal for presentation to 
speaker 112. 

[0026] Memory 102 stores a program 120, voice param 
eters 122, and voice samples 124. Program 120 may be 
accessed by processor 100 to manage the overall operation 
and function of destination 14. Voice parameters 122 include 
voice parameters P received from one or more sources 12 
and maintained, at least for some period of time, for recon 
struction of voice information. Voice samples 124 represent 
voice information in a suitable audio format received in 
packets from source 12. Memory 102 may maintain one or 
more bulfers 126 to order voice samples 124 in time and by 
source 12 to facilitate reconstruction of voice information. 
Memory 102 may maintain voice parameters 122 and voice 
samples 124 in any suitable arrangement and number of data 
structures to alloW receipt, processing, reconstruction, and 
mixing of voice information from multiple sources 12. 

[0027] In operation, destination 14 receives packet 
streams (A', B', C') and corresponding sets of voice param 
eters (P A, PB, PC) from sources 12a, 12b, 120. For purposes 
of discussion, FIG. 2 illustrates one packet stream A' and 
voice parameters P A, but destination 14 can accommodate 
and similarly process any suitable number of packet streams. 
NetWork interface 106 receives packet stream A' and voice 
parameters P A, and stores this information in memory 102 as 
voice samples 124 and associated voice parameters 122. 
Processor 100 implements any suitable communication pro 
tocol that performs decoding, segmentation, header and/or 
footer stripping, or other suitable processing on each 
received packet to retrieve voice samples 124. In a particular 
embodiment, each packet may be in the form of an IP packet 
Which contains several voice samples in an appropriate 
audio format, such as G.7ll or Wide-band linear. 

[0028] Memory 102 stores voice samples 124 in time 
sequence to alloW for playout and reconstruction When 
packet loss occurs. Without packet loss, converter 104 
receives sequenced voice samples 124 after a potential small 
delay introduced by storage in buffer 126, and converts this 
sampled voice information into a signal for communication 
to speaker 112 using user interface 108. Upon detection of 
a packet loss as represented by position 50 in packet stream 
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A', processor 100 retrieves, for example, the most recently 
received voice parameter 130 and uses this information, 
along With previously received voice samples 124, to recon 
struct voice information represented by the lost packet. This 
reconstruction of voice information combines generated 
voice samples With successfully received voice samples in 
buffer 126. Converter 104 receives voice samples 124 from 
buffer 126, and converts this information into an appropriate 
format for presentation to speaker 112. 

[0029] The use of voice parameter 122 received from 
source 12 to reconstruct voice information reduces the 
processing requirements of processor 100. Since sources 12 
generate and communicate voice parameters 122, processor 
100 need not perform autocorrelation, ?ltering, or other 
signal analysis of received voice samples 124 to generate 
characterizing voice parameters 122. This, in turn, reduces 
the processing requirements for processor 100 and offers a 
scalable packet loss concealment technique for multiple 
voice streams received by destination 14. In addition, gen 
erating voice parameters 122 at source 12 ensures that voice 
parameters 122 properly characterize voice information gen 
erated by source 12 before packet loss occurs. In the 
particular example of packet stream A', calculation of voice 
parameter 122 based on received voice samples may be less 
accurate due to the packet loss condition. 

[0030] FIG. 3 illustrates audio Waveforms represented by 
received and generated voice samples 124 maintained in 
buffer 126 of memory 102. Each Waveform includes a 
number of voice samples encoded in a particular audio 
format, communicated through netWork 16, and converted 
into a suitable format for presentation to speaker 112. 

[0031] Waveform 200 represents voice samples received 
by destination 14 from source 12. A silence interval (S) in 
Waveform 200 represents a packet loss due to performance 
degradation in netWork 16. Packet loss concealment tech 
niques attempt to recreate this portion of Waveform 200 in 
buffer 126 so that playout of Waveform 200 using converter 
104, user interface 108, and speaker 112 presents an audio 
signal that effectively conceals the packet loss condition to 
the user. In addition to voice samples 124 that represent 
Waveform 200, destination 14 also receives voice parameter 
122, Which for this example is a pitch period (T) of voice 
information as calculated by source 12. Source 12 generates 
the value for pitch period T using, for example, an autocor 
relation function performed on temporally relevant voice 
samples generated by source 12. Source 12 communicates 
the value for pitch period T in either packets that commu 
nicate voice samples 124 or separate packets, such as an 
RTCP control packet. Using the determined silence interval 
S and the received pitch period T, processor 100 retrieves a 
selected portion 202 of Waveform 200 to copy into silence 
interval S. In this particular embodiment, the start point of 
portion 202 is one or more integer pitch periods before the 
beginning of silence interval S. The length of portion 202 
corresponds approximately to silence interval S. 

[0032] Reconstructed Waveform 202 includes both suc 
cessfully received voice samples (represented by the solid 
trace), as Well as generated voice samples to ?ll the silence 
interval S (represented by the dashed trace) to maximiZe the 
packet loss concealment and audio reproduction to the user. 
In one embodiment, processor 100 adjusts generated voice 
samples to smooth transitions With successfully received 
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voice samples. In addition, if generated voice samples repeat 
due to an extended silence interval S, processor 100 may 
apply an attenuation factor that increases With each subse 
quent lost packet. 

[0033] Waveform 220 represents another example of a lost 
packet condition Where silence interval S is shorter than 
pitch period T speci?ed in voice parameter 122 generated 
and communicated from source 12. In this case, a portion 
222 of received voice samples used to reconstruct silence 
interval S begins one pitch period T before the beginning of 
silence interval S and continues partially into pitch period T 
for the approximate length of silence interval S. Recon 
structed Waveform 230 includes both received voice samples 
(solid trace) and generated voice samples (dashed trace) 
maintained in buffer 126 of memory 102. 

[0034] FIG. 4 is a How chart of a method performed at 
source 12 to generate and communicate packets containing 
voice samples 124 and voice parameters 122. The method 
begins at step 300 Where source 12 establishes a session With 
destination 14 using netWork 16. This session may involve 
the exchange of any form of media using any suitable 
communication protocol, but the particular embodiment 
described involves the exchange of voice information. The 
session may be a point-to-point communication With desti 
nation 14 or may include a number of other sources 12 
participating in a conference call. Source 12 negotiates at 
least one communication capability With destination 14 at 
step 302. This may include the negotiation of communica 
tion protocols, audio format, or other capabilities that alloW 
for the exchange of voice information betWeen components. 
Based, at least in part, on the negotiated capabilities from 
step 302, source 12 may reserve appropriate bandWidth 
supplied by netWork 16 at step 304. All, some, or none of 
steps 300-304 may be performed in any particular order to 
alloW source 12 to identify a destination 14 for packets 
containing voice information. 

[0035] Source 12 receives speech signals from micro 
phone 22 at step 306, and converts these speech signals into 
voice samples at step 308 using processor 26. For example, 
these voice samples may be converted into any appropriate 
audio format, such as G711, G.723, G.729, linear Wide 
band, or any other suitable audio format. Processor 26 also 
generates a voice parameter that characteriZes the voice 
samples at step 310. The voice parameter may be a pitch 
period, magnitude measure, frequency measure, or any other 
parameter that characterizes the spectral and/or temporal 
content of voice samples. In a particular embodiment, pro 
cessor 26 generates a pitch period for the voice samples 
using a suitable autocorrelation function. 

[0036] Source 12 determines Whether the voice samples 
and voice parameter Will be sent in the same or separate 
packets at step 312. For example, the session established at 
step 300 may include both a media channel, such as a 
real-time protocol (RTP) channel, as Well as a control 
channel, such as a real-time control protocol (RTCP) chan 
nel. If the voice samples and voice parameter are to be 
communicated in separate packets, then source 12 generates 
a ?rst packet With the voice samples at step 314 and a second 
packet With the voice parameter at step 316. Using netWork 
interface 28, source 12 communicates the ?rst and second 
packets at step 318. If the voice samples and voice parameter 
are not to be communicated in separate packets, source 12 
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generates a packet With the voice samples and voice param 
eter at step 320, and communicates the packet at step 322. 
If the session is not over as determined at step 324, then the 
process repeats beginning at step 306 to generate additional 
packets containing voice samples and voice parameters. If 
the session is over as determined at step 324, then the 
method ends. 

[0037] FIG. 5 is a How chart of a method performed at 
destination 14 to reconstruct voice information When pack 
ets are lost due to performance degradation of source 12, 
destination 14, and/or netWork 16. The method begins at step 
400 Where destination 14 establishes a session With one or 
more sources 12 using netWork 16. Each session may 
involve the exchange of any form of media using any 
suitable communication protocol, but the particular embodi 
ment described involves the exchange of voice information. 
The session may be a point-to-point communication With a 
single source 12 or may include a number of other sources 
12 participating in a conference call. Destination 14 may 
negotiate at least one communication capability With each 
participating source 12 at step 402. This may include the 
negotiation of communication protocols, audio format, or 
other capabilities that alloW for the exchange of voice 
information betWeen components. Based, at least in part, on 
the negotiated capabilities from step 402, destination 14 may 
reserve appropriate bandWidth supplied by netWork 16 at 
step 404. All, some, or none of steps 400-404 may be 
performed in any particular order and in association With or 
as a replacement to steps 300-304 of FIG. 4 to establish 
sessions betWeen destination 14 and one or more sources 12. 

[0038] Destination 14 supports the receipt and reconstruc 
tion of voice samples from multiple sources 12. For clarity, 
FIG. 5 illustrates the logic and How to receive voice 
information from a single source 12, but this same method 
ology may be performed by destination 14 in parallel or 
sequence to support any number of sources 12 in a confer 
ence call or other collaborative environment. For each 
participating source 12, destination 14 determines Whether it 
has received any voice samples at step 406. If no voice 
samples are received at step 406, destination 14 determines 
a packet loss condition at step 409. Upon determining a loss 
of a packet, destination 14 generates voice samples for the 
silence interval at step 410 using previously received voice 
samples 124 and voice parameter 122. Destination 14 stores 
generated voice samples 124 in buffer 126 of memory 122 
at step 412. 

[0039] If destination 14 receives voice samples at step 
406, destination 14 stores received voice samples 124 in 
buffer 126 of memory 102 at step 420. Destination 14 
receives voice parameter 122 generated by source 12 at step 
422, and stores voice parameter 122 in memory 102 at step 
424. As described above, destination 14 may receive voice 
parameter 122 in the same packet carrying voice samples 
124 or in a different packet, and may receive voice parameter 
122 at any suitable frequency or interval. 

[0040] In parallel and/or sequence to receiving and/or 
generating voice samples 124, destination 14 communicates 
voice samples 124 maintained in buffer 126 of memory 102 
for playout to the user at step 426. Playout may include 
conversion of voice samples by converter 104 for presen 
tation to speaker 112 using user interface 108. In addition, 
processor 100 may mix received and generated voice 
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samples 124 from multiple sources 12 into a mixed signal 
for presentation to the user using converter 104, user inter 
face 108, and speaker 112. Since processor 100 receives 
voice parameters 122 generated and communicated from 
sources 12, the processing requirements to reconstruct voice 
information for lost packets is reduced. If the session is not 
over, as determined at step 428, the process continues at step 
406 Where destination 14 determines Whether it has received 
additional voice samples 124. If the session is over at step 
428, the method ends. 

[0041] Although the present invention has been described 
With several embodiments, a myriad of changes, variations, 
alterations, transformations, and modi?cations may be sug 
gested to one skilled in the art, and it is intended that the 
present invention encompass such changes, variations, alter 
ations, transformations, and modi?cations as fall Within the 
scope of the appended claims. 

1. A method for reconstructing voice information com 
municated from a source to a destination, comprising the 
folloWing steps performed at the destination: 

receiving a plurality of ?rst voice samples communicated 
from a source; 

receiving a voice parameter communicated from the 
source, the voice parameter characterizing the ?rst 
voice samples; 

determining a loss of a packet communicated from the 
source; and 

generating a plurality of second voice samples using the 
?rst voice samples and the voice parameter. 

. (canceled) 

. (canceled) 

. (canceled) 

. (canceled) 

. (canceled) 

. (canceled) 

. (canceled) 

. (canceled) 

10. (canceled) 
11. (canceled) 
12. (canceled) 
13. (canceled) 
14. (canceled) 
15. (canceled) 
16. (canceled) 
17. (canceled) 
18. (canceled) 
19. (canceled) 
20. (canceled) 
21. An apparatus for reconstructing voice information 

communicated from a source, the apparatus comprising: 

an interface operable to receive a plurality of ?rst voice 
samples communicated from a source, the interface 
further operable to receive a voice parameter commu 
nicated from the source, the voice parameter charac 
teriZing the ?rst voice samples; 

a processor operable to determine a loss of a packet 
communicated from the source, the processor further 
operable to generate a plurality of second voice 
samples using the ?rst samples and the voice param 
eter; 
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a converter operable to convert the ?rst and second voice 
samples into a speech signal; and 

a speaker operable to communicate the speech signal to a 
user. 

22. The apparatus of claim 21, Wherein the voice param 
eter comprises a pitch period. 

23. The apparatus of claim 21, Wherein the voice param 
eter comprises a pitch period that re?ects an autocorrelation 
calculation performed at the source to determine a pitch of 
a speech signal. 

24. The apparatus of claim 21, Wherein the ?rst voice 
samples comprise a selected one of a G.7ll audio format 
and a linear audio format. 

25. The apparatus of claim 21, Wherein the interface is 
operable to receive the ?rst voice samples and the voice 
parameter in a single packet generated at the source. 

26. (canceled) 
27. The apparatus of claim 21, Wherein the processor is 

operable to generate the second voice samples using an 
attenuation factor that increases With each sub sequent packet 
loss. 

28. The apparatus of claim 21, Wherein the voice param 
eter comprises a pitch period, the apparatus further com 
prising: 

a memory operable to store the ?rst voice samples; and 

Wherein the processor determines a silence interval rep 
resented by the packet loss and determines a start point 
in the memory that is one or more integer pitch periods 
before the beginning of the silence interval, the pro 
cessor further operable to copy ?rst voice samples from 
the memory beginning at the start point to generate the 
second voice samples associated With the silence inter 
val. 

29. The apparatus of claim 21, further comprising a 
converter to receive the voice samples and to generate a 
speech signal for communication to a speaker for output to 
a user. 

30. An apparatus for reconstructing voice information 
communicated from a plurality of sources, the apparatus 
comprising: 

an interface operable to receive, for each of the sources, 
a plurality of ?rst voice samples generated at the 
corresponding source, the interface further operable to 
receive, for each of the sources, a voice parameter 
communicated from the corresponding source, each 
voice parameter characterizing the ?rst voice samples 
generated at the corresponding source; and 

a processor operable to determine, for each of the sources, 
Whether a loss of a packet communicated from the 
corresponding source has occurred, the processor fur 
ther operable to generate, for each of the sources having 
a packet loss, a plurality of second voice samples using 
previously received ?rst voice samples and the voice 
parameter generated at the corresponding source. 

31. The apparatus of claim 30, Wherein the voice param 
eter comprises a pitch period. 

32. The apparatus of claim 30, Wherein the voice param 
eter comprises a pitch period that re?ects an autocorrelation 
calculation performed at the corresponding source to deter 
mine a pitch of a speech signal. 
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33. The apparatus of claim 30, wherein the ?rst voice 
samples comprise a selected one of a G.7ll audio format 
and a linear audio format. 

34. The apparatus of claim 30, Wherein the interface is 
operable to receive the ?rst voice samples and the voice 
parameter in a single packet generated at the corresponding 
source. 

35. (canceled) 
36. The apparatus of claim 30, Wherein the processor is 

operable to generate the second voice samples using an 
attenuation factor that increases With each subsequent packet 
loss. 

37. The apparatus of claim 30, Wherein the voice param 
eter comprises a pitch period, the apparatus further com 
prising: 

a memory operable to store the ?rst voice samples; and 

Wherein the processor determines a silence interval rep 
resented by the packet loss and determines a start point 
in the memory storing the ?rst voice samples that is one 
or more integer pitch periods before the beginning of 
the silence interval, the processor further operable to 
copy ?rst voice samples from the memory beginning at 
the start point to generate the second voice samples 
associated With the silence interval. 

38. The apparatus of claim 30, Wherein the processor is 
further operable to mix the ?rst and second voice samples 
from more than one of the sources to generate a mixed 
signal, and further comprising: 

a converter operable to convert the mixed signal into a 
speech signal; and 

a speaker operable to communicate the speech signal to a 
user. 

39. (canceled) 
40. Logic encoded in media for reconstructing voice 

information communicated from a source to a destination, 
the logic operable to: 

receive a plurality of ?rst voice samples communicated 
from a source; 

receive a voice parameter communicated from the source, 
the voice parameter characterizing the ?rst voice 
samples; 

determine a loss of a packet communicated from the 
source; and 

generate a plurality of second voice samples using the ?rst 
voice samples and the voice parameter. 

41. The logic encoded in media of claim 40, Wherein the 
voice parameter comprises a pitch period, and the logic is 
further operable to: 

determine a silence interval represented by the packet 
loss; 

determine a start point in a buffer storing the ?rst voice 
samples that is one or more integer pitch periods before 
the beginning of the silence interval; and 

copy ?rst voice samples from the buffer beginning at the 
start point to generate the second voice samples asso 
ciated With the silence interval. 
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42. The method of claim 1, Wherein the voice parameter 
is received in at least one ?rst packet and the ?rst voice 
samples are received in at least one second packet separate 
from the ?rst packet. 

43. The method of claim 42, further comprising: 

converting the ?rst and second voice samples into a 
speech signal; and 

presenting the speech signal to a user. 
44. The method of claim 42, Wherein the voice parameter 

comprises a pitch period. 
45. The method of claim 42, Wherein the voice parameter 

comprises a pitch period that re?ects an autocorrelation 
calculation performed at the source to determine a pitch of 
a speech signal. 

46. The method of claim 42, Wherein the ?rst voice 
samples comprise a selected one of a G.7ll audio format 
and a linear audio format. 

47. The method of claim 42, Wherein generating a plu 
rality of second voice samples uses an attenuation factor that 
increases With each subsequent packet loss. 

48. The method of claim 42, Wherein the voice parameter 
comprises a pitch period, and generating the second voice 
samples comprises: 

determining a silence interval represented by the packet 
loss; 

determining a start point in a buffer storing the ?rst voice 
samples that is one or more integer pitch periods before 
the beginning of the silence interval; and 

copying ?rst voice samples from the buffer beginning at 
the start point to generate the second voice samples 
associated With the silence interval. 

49. The method of claim 42, further comprising the 
folloWing steps performed before receiving the ?rst voice 
samples: 

negotiating at least one communication capability With 
the source; and 

reserving suitable bandWidth to conduct a voice session 
based on the negotiated capability. 

50. A method for reconstructing voice information com 
municated from a plurality of sources to a destination, the 
method comprising the folloWing steps performed at the 
destination: 

receiving, for each of the sources, a plurality of ?rst voice 
samples generated at the corresponding source; 

receiving, for each of the sources, a voice parameter 
communicated from the corresponding source, each 
voice parameter characterizing the ?rst voice samples 
generated at the corresponding source, Wherein each 
voice parameter is received in at least one ?rst packet 
and the ?rst voice samples are received in at least one 
second packet separate from the ?rst packet; 

determining, for each of the sources, Whether a loss of a 
packet communicated from the corresponding source 
has occurred; and 

generating, for each of the sources having a packet loss, 
a plurality of second voice samples using previously 
received ?rst voice samples and the voice parameter 
generated at the corresponding source. 
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51. The method of claim 50, wherein the voice parameter 
comprises a pitch period. 

52. The method of claim 50, Wherein the voice parameter 
comprises a pitch period that re?ects an autocorrelation 
calculation performed at the corresponding source to deter 
mine a pitch of a speech signal. 

53. The method of claim 50, Wherein the ?rst voice 
samples comprise a selected one of a G.711 audio format 
and a linear audio format. 

54. The method of claim 50, Wherein generating a plu 
rality of second voice samples uses an attenuation factor that 
increases With each subsequent packet loss. 

55. The method of claim 50, Wherein the voice parameter 
comprises a pitch period, and generating the second voice 
samples comprises: 

determining a silence interval represented by the packet 
loss; 

determining a start point in a buffer storing the ?rst voice 
samples that is one or more integer pitch periods before 
the beginning of the silence interval; and 

copying ?rst voice samples from the buffer beginning at 
the start point to generate the second voice samples 
associated With the silence interval. 

56. The method of claim 50, further comprising: 

mixing ?rst and second voice samples from more than one 
of the sources to generate a mixed signal; 

converting the mixed signal into a speech signal; and 

presenting the speech signal to a user. 
57. The method of claim 50, further comprising the 

folloWing steps performed before receiving the ?rst voice 
samples: 

negotiating, for each of the sources, at least one commu 
nication capability; and 

reserving, for each of the sources, suitable bandWidth to 
conduct a voice session With the corresponding source 
based on the negotiated capability. 

58. The apparatus of claim 21, Wherein the interface is 
operable to receive the voice parameter in at least one ?rst 
packet and receive the ?rst voice samples in at least one 
second packet separate from the ?rst packet. 

59. The apparatus of claim 58, Wherein the voice param 
eter comprises a pitch period. 

60. The apparatus of claim 58, Wherein the voice param 
eter comprises a pitch period that re?ects an autocorrelation 
calculation performed at the source to determine a pitch of 
a speech signal. 

61. The apparatus of claim 58, Wherein the ?rst voice 
samples comprise a selected one of a G.711 audio format 
and a linear audio format. 

62. The apparatus of claim 58, Wherein the processor is 
operable to generate the second voice samples using an 
attenuation factor that increases With each subsequent packet 
loss. 
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63. The apparatus of claim 58, Wherein the voice param 
eter comprises a pitch period, the apparatus further com 
prising: 

a memory operable to store the ?rst voice samples; and 

Wherein the processor determines a silence interval rep 
resented by the packet loss and determines a start point 
in the memory that is one or more integer pitch periods 
before the beginning of the silence interval, the pro 
cessor further operable to copy ?rst voice samples from 
the memory beginning at the start point to generate the 
second voice samples associated With the silence inter 
val. 

64. The apparatus of claim 58, further comprising a 
converter to receive the voice samples and to generate a 
speech signal for communication to a speaker for output to 
a user. 

65. The apparatus of claim 30, Wherein the interface is 
operable to receive each voice parameter in at least one ?rst 
packet and receive the ?rst voice samples in at least one 
second packet separate from the ?rst packet. 

66. The apparatus of claim 65, Wherein the voice param 
eter comprises a pitch period. 

67. The apparatus of claim 65, Wherein the voice param 
eter comprises a pitch period that re?ects an autocorrelation 
calculation performed at the corresponding source to deter 
mine a pitch of a speech signal. 

68. The apparatus of claim 65, Wherein the ?rst voice 
samples comprise a selected one of a G.711 audio format 
and a linear audio format. 

69. The apparatus of claim 65, Wherein the processor is 
operable to generate the second voice samples using an 
attenuation factor that increases With each sub sequent packet 
loss. 

70. The apparatus of claim 65, Wherein the voice param 
eter comprises a pitch period, the apparatus further com 
prising: 

a memory operable to store the ?rst voice samples; and 

Wherein the processor determines a silence interval rep 
resented by the packet loss and determines a start point 
in the memory storing the ?rst voice samples that is one 
or more integer pitch periods before the beginning of 
the silence interval, the processor further operable to 
copy ?rst voice samples from the memory beginning at 
the start point to generate the second voice samples 
associated With the silence interval. 

71. The apparatus of claim 65, Wherein the processor is 
further operable to mix the ?rst and second voice samples 
from more than one of the sources to generate a mixed 
signal, and further comprising: 

a converter operable to convert the mixed signal into a 
speech signal; and 

a speaker operable to communicate the speech signal to a 
user. 


